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(57) ABSTRACT

A wireless telephone includes an adaptive noise canceling
(ANC) circuit that adaptively generates an anti-noise signal
from a reference microphone signal and injects the anti-noise
signal into the speaker or other transducer output to cause
cancellation of ambient audio sounds. An error microphone is
also provided proximate the speaker to provide an error signal
indicative of the effectiveness of the noise cancellation. A
secondary path estimating adaptive filter is used to estimate
the electro-acoustical path from the noise canceling circuit
through the transducer so that source audio can be removed
from the error signal. Sidetone is injected into the transducer
output, but is not provided to the coefficient control of the
secondary path estimating adaptive filter, so that the ambient
noise present in the near-end speech microphone signal, and
thus present in the sidetone information, does not destabilize
the ANC circuit or otherwise cause improper generation of
the anti-noise signal.
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SIDETONE MANAGEMENT IN AN ADAPTIVE
NOISE CANCELING (ANC) SYSTEM
INCLUDING SECONDARY PATH MODELING

This application is a Continuation-in-Part of U.S. patent
application Ser. No. 13/249,711 filed on Sep. 30, 2011, hav-
ing at least one common inventor and assigned to the same
Assignee. The specification of the above-referenced parent
U.S. Patent Application is incorporated herein by reference.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates generally to wireless tele-
phones that include noise canceling, and, more specifically, to
a wireless telephone device in which secondary path model-
ing forms part of the noise canceling system.

2. Background of the Invention

Wireless telephones, such as mobile/cellular telephones,
cordless telephones, and other consumer audio devices that
provide two-way voice communications functionality, such
as some tablet computers, are in widespread use. Perfor-
mance of such devices with respect to intelligibility can be
improved by providing adaptive noise canceling (ANC) using
a microphone to measure ambient acoustic events and then
using signal processing to insert an anti-noise signal into the
output of the device to cancel the ambient acoustic events.

ANC operation can be improved by measuring the trans-
ducer output of a device at the transducer to determine the
effectiveness of the noise canceling using an error micro-
phone. The measured output of the transducer is ideally the
source audio, e.g., downlink audio in a telephone and/or
playback audio in either a dedicated audio player or a tele-
phone, since the noise canceling signal(s) are ideally canceled
by the ambient noise at the location of the transducer. To
remove the source audio from the error microphone signal,
the secondary path from the transducer through the error
microphone can be estimated and used to filter the source
audio to the correct phase and amplitude for subtraction from
the error microphone signal. The output of the transducer
contains reproduced downlink speech and/or other program
material and in the case of a telephone conversation, a portion
of the near-end speech so that a user hears their own voice in
proper relation to the telephone conversation. The portion of
the near-end speech that is injected in the transducer output
signal is referred to as sidetone and contains ambient noise, as
well. The output of the transducer also includes the anti-noise
signal, which, unless the sidetone information is properly
managed, can cause cancelation of the side-tone and/or insta-
bility or improper adaptation of the ANC system due to the
presence of ambient noise in the sidetone signal. In particular,
the secondary path estimate described above can be frustrated
by the additional path from the ambient acoustic environ-
ment, through the near-end speech microphone and out
through the transducer, due to the requirement to inject
sidetone during a telephone conversation.

Therefore, it would be desirable to provide techniques for
managing sidetone in an ANC system having secondary path
modeling.

SUMMARY OF THE INVENTION

The above stated objective of providing a wireless tele-
phone providing ANC and including a secondary path esti-
mate that properly manages sidetone to avoid improper or
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unstable operation of the ANC system, is accomplished in a
wireless telephone, a method of operation, and an integrated
circuit.

The wireless telephone includes a housing, with a trans-
ducer mounted on the housing for reproducing an audio sig-
nal that includes both source audio for providing to a listener
and an anti-noise signal for countering the effects of ambient
audio sounds in an acoustic output of the transducer. A refer-
ence microphone is mounted on the housing to provide a
reference microphone signal indicative of the ambient audio
sounds. The wireless telephone further includes an adaptive
noise-canceling (ANC) processing circuit within the housing
for adaptively generating an anti-noise signal from the refer-
ence microphone signal such that the anti-noise signal causes
substantial cancellation of the ambient audio sounds. An error
microphone is included for controlling the adaptation of the
anti-noise signal to cancel the ambient audio sounds and for
correcting for the secondary (electro-acoustical) path from
the output of the processing circuit through the transducer by
estimating the secondary path and using the resulting model
of the secondary path in the generation of the anti-noise
signal. The ANC processing circuit prevents improper adap-
tation of the secondary path estimate due to sidetone injection
by providing only the downlink audio and other program
information to the circuit that controls adaptation of the sec-
ondary path estimate, while providing the sidetone combined
with the downlink audio and other program information to the
transducer.

The foregoing and other objectives, features, and advan-
tages of the invention will be apparent from the following,
more particular, description of the preferred embodiment of
the invention, as illustrated in the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is an illustration of a wireless telephone 10.

FIG. 2 is a block diagram of circuits within wireless tele-
phone 10.

FIG. 3 is a block diagram depicting signal processing cir-
cuits and functional blocks within ANC circuit 30 of CODEC
integrated circuit 20 of FIG. 2.

FIG. 4 is a block diagram depicting signal processing cir-
cuits and functional blocks within an integrated circuit.

DESCRIPTION OF ILLUSTRATIVE
EMBODIMENT

The present invention encompasses noise canceling tech-
niques and circuits that can be implemented in a personal
audio device, such as a wireless telephone. The personal
audio device includes an adaptive noise canceling (ANC)
circuit that measures the ambient acoustic environment and
generates a signal that is injected into the speaker (or other
transducer) output to cancel ambient acoustic events. A ref-
erence microphone is provided to measure the ambient acous-
tic environment, and an error microphone is included to mea-
sure the ambient audio and transducer output at the
transducer, thus giving an indication of the effectiveness of
the noise cancelation. A secondary path estimating adaptive
filter is used to remove the playback audio from the error
microphone signal, in order to generate an error signal.
Sidetone information is injected in the transducer output to
provide a proper user perception of the user’s own (uplink)
speech, but is not provided to the coefficient control of the
secondary path estimating adaptive filter, so that improper or
unstable adaptation of the secondary path due to the presence
of' ambient noise in the sidetone information is prevented.
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FIG. 1 shows a wireless telephone 10 in proximity to a
human ear 5. Illustrated wireless telephone 10 is an example
of a device in which techniques in accordance with the fol-
lowing disclosure may be employed, but it is understood that
not all of the elements or configurations embodied in illus-
trated wireless telephone 10, or in the circuits depicted in
subsequent illustrations, are required. Wireless telephone 10
includes a transducer such as speaker SPKR that reproduces
distant speech received by wireless telephone 10, along with
other local audio event such as ringtones, stored audio pro-
gram material, injection of near-end speech (i.e., the speech
of the user of wireless telephone 10) to provide a balanced
conversational perception, and other audio that requires
reproduction by wireless telephone 10, such as sources from
web-pages or other network communications received by
wireless telephone 10 and audio indications such as battery
low and other system event notifications. A near-speech
microphone NS is provided to capture near-end speech,
which is transmitted from wireless telephone 10 to the other
conversation participant(s).

Wireless telephone 10 includes adaptive noise canceling
(ANC) circuits and features that inject an anti-noise signal
into speaker SPKR to improve intelligibility of the distant
speech and other audio reproduced by speaker SPKR. A ref-
erence microphone R is provided for measuring the ambient
acoustic environment and is positioned away from the typical
position of a user’s mouth, so that the near-end speech is
minimized in the signal produced by reference microphone R.
A third microphone, error microphone E, is provided in order
to further improve the ANC operation by providing a measure
of'the ambient audio combined with the audio reproduced by
speaker SPKR close to ear 5, when wireless telephone 10 is in
close proximity to ear 5. Exemplary circuit 14 within wireless
telephone 10 includes an audio CODEC integrated circuit 20
that receives the signals from reference microphone R, near
speech microphone NS, and error microphone E and inter-
faces with other integrated circuits such as an RF integrated
circuit 12 containing the wireless telephone transceiver. In
other embodiments of the invention, the circuits and tech-
niques disclosed herein may be incorporated in a single inte-
grated circuit that contains control circuits and other func-
tionality for implementing the entirety of the personal audio
device, such as an MP3 player-on-a-chip integrated circuit.

In general, the ANC techniques disclosed herein measure
ambient acoustic events (as opposed to the output of speaker
SPKR and/or the near-end speech) impinging on reference
microphone R, and by also measuring the same ambient
acoustic events impinging on error microphone E, the ANC
processing circuits of illustrated wireless telephone 10 adapt
an anti-noise signal generated from the output of reference
microphone R to have a characteristic that minimizes the
amplitude of the ambient acoustic events present at error
microphone E. Since acoustic path P(z) extends from refer-
ence microphone R to error microphone E, the ANC circuits
are essentially estimating acoustic path P(z) combined with
removing effects of an electro-acoustic path S(z). Electro-
acoustic path S(z) represents the response of the audio output
circuits of CODEC IC 20 and the acoustic/electric transfer
function of speaker SPKR including the coupling between
speaker SPKR and error microphone E in the particular
acoustic environment. Path S(z) is affected by the proximity
and structure of ear 5 and other physical objects and human
head structures that may be in proximity to wireless telephone
10, when wireless telephone is not firmly pressed to ear 5.
While the illustrated wireless telephone 10 includes a two
microphone ANC system with a third near speech micro-
phone NS, systems that do not include separate error and
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4

reference microphones, or in which a wireless telephone uses
near speech microphone NS to perform the function of the
reference microphone R, may alternatively be implemented.
Also, in personal audio devices designed only for audio play-
back, near speech microphone NS will generally not be
included, and the near-speech signal paths in the circuits
described in further detail below can be omitted, without
changing the fundamental operation of the system.

Referring now to FIG. 2, circuits within wireless telephone
10 are shown in a block diagram. CODEC integrated circuit
20 includes an analog-to-digital converter (ADC) 21A for
receiving the reference microphone signal and generating a
digital representation ref of the reference microphone signal,
an ADC 21B for receiving the error microphone signal and
generating a digital representation err of the error microphone
signal, and an ADC 21C for receiving the near speech micro-
phone signal and generating a digital representation ns of the
error microphone signal. CODEC IC 20 generates an output
for driving speaker SPKR from an amplifier A1, which ampli-
fies the output of a digital-to-analog converter (DAC) 23 that
receives the output of a combiner 26. Combiner 26 combines
audio signals is from internal audio sources 24, the anti-noise
signal anti-noise generated by ANC circuit 30, which by
convention has the same polarity as the noise in reference
microphone signal ref and is therefore subtracted by com-
biner 26, an attenuated portion of near speech signal ns, i.e.,
sidetone information st, so that the user of wireless telephone
10 hears their own voice in proper relation to downlink speech
ds, which is received from radio frequency (RF) integrated
circuit 22. Near speech signal ns is also provided to RF
integrated circuit 22 and is transmitted as uplink speech to the
service provider via antenna ANT.

Referring now to FIG. 3, details of ANC circuit 30 are
shown. An adaptive filter 32 receives reference microphone
signal ref and under ideal circumstances, adapts its transfer
function W(z) to be P(z)/S(z) to generate the anti-noise signal
anti-noise, which is provided to an output combiner that com-
bines the anti-noise signal with the audio to be reproduced by
the transducer, as exemplified by combiner 26 of FIG. 2. The
coefficients of adaptive filter 32 are controlled by a W coet-
ficient control block 31 that uses a correlation of two signals
to determine the response of adaptive filter 32, which gener-
ally minimizes the error, in a least-mean squares sense,
between those components of reference microphone signal
ref present in error microphone signal err. The signals pro-
cessed by W coefficient control block 31 are the reference
microphone signal ref as shaped by a copy of an estimate of
the response of path S(z) provided by filter 34B and another
signal that includes error microphone signal err. By trans-
forming reference microphone signal ref with a copy of the
estimate of the response of path S(z), response SE ,{(Z),
and minimizing error microphone signal err after removing
components of error microphone signal err due to playback of
source audio, adaptive filter 32 adapts to the desired response
of P(z)/S(z). In addition to error microphone signal err, the
other signal processed along with the output of filter 34B by
W coefficient control block 31 includes an inverted amount of
the source audio including downlink audio signal ds, internal
audio ia, and a portion of near speech signal ns attenuated by
a side tone attenuator 37, which is provided from a combiner
36A. The output of combiner 36A is processed by a filter 34 A
having response SE(z), of which response SE.,,(7) is a
copy. By injecting an inverted amount of source audio and
sidetone, adaptive filter 32 is prevented from adapting to the
relatively large amount of source audio and the sidetone infor-
mation (along with extra ambient noise information in the
sidetone) present in error microphone signal err and by trans-
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forming the inverted copy of downlink audio signal ds and
internal audio ia with the estimate of the response of path S(z),
the source audio and sidetone that is removed from error
microphone signal err before processing should match the
expected version of downlink audio signal ds, and internal
audio ia reproduced at error microphone signal err, since the
electrical and acoustical path of S(z) is the path taken by
downlink audio signal ds, internal audio ia and sidetone infor-
mation to arrive at error microphone E. Filter 34B is not an
adaptive filter, per se, but has an adjustable response that is
tuned to match the response of adaptive filter 34 A, so that the
response of filter 34B tracks the adapting of adaptive filter
34A.

To implement the above, adaptive filter 34 A has coeffi-
cients controlled by SE coefficient control block 33. Adaptive
filter 34A processes the source audio (ds+ia) and sidetone
information, to provide a signal representing the expected
source audio delivered to error microphone E. Adaptive filter
34A is thereby adapted to generate a signal from downlink
audio signal ds, internal audio ia and sidetone information st,
that when subtracted from error microphone signal err, forms
an error signal e containing the content of error microphone
signal err that is not due to source audio (ds+ia) and the
sidetone information st. A combiner 36B removes the filtered
source audio (ds+ia) and sidetone information from error
microphone signal err to generate the above-described error
signal e.

Referring now to FIG. 4, a block diagram of an ANC
system is shown for illustrating ANC techniques as may be
implemented within CODEC integrated circuit 20. Reference
microphone signal ref is generated by a delta-sigma ADC
41A that operates at 64 times oversampling and the output of
which is decimated by a factor of two by a decimator 42A to
yield a 32 times oversampled signal. A delta-sigma shaper
43 A spreads the energy of images outside of bands in which
a resultant response of a parallel pair of filter stages 44A and
44B will have significant response. Filter stage 44B has a
fixed response W, p(7) that is generally predetermined to
provide a starting point at the estimate of P(z)/S(z) for the
particular design of wireless telephone 10 for a typical user.
An adaptive portion W ,,,»(Z) of the response of the esti-
mate of P(z)/S(z) is provided by adaptive filter stage 44A,
which is controlled by a leaky least-means-squared (LMS)
coefficient controller 54A. LLeaky LMS coefficient controller
54 A is leaky in that the response normalizes to flat or other-
wise predetermined response over time when no error input is
provided to cause leaky LMS coefficient controller 54A to
adapt. Providing a leaky controller prevents long-term insta-
bilities that might arise under certain environmental condi-
tions, and in general makes the system more robust against
particular sensitivities of the ANC response.

In the system depicted in FIG. 4, the reference microphone
signal is filtered by a copy SE_,p4{Z) of the estimate of the
response of path S(z), by a filter 51 that has a response
SE cor{Z), the output of which is decimated by a factor of 32
by a decimator 52A to yield a baseband audio signal that is
provided, through an infinite impulse response (IIR) filter
53A to leaky LMS 54A. Filter 51 is not an adaptive filter, per
se, but has an adjustable response that is tuned to match the
combined response of filter stages 55A and 55B, so that the
response of filter 51 tracks the adapting of response SE(z).
The error microphone signal err is generated by a delta-sigma
ADC 41C that operates at 64 times oversampling and the
output of which is decimated by a factor of two by a decimator
42B to yield a 32 times oversampled signal. As in the system
of FIG. 3, an amount of source audio (ds+ia) that has been
filtered by an adaptive filter to apply response S(z) is removed
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from error microphone signal err by a combiner 46C, the
output of which is decimated by a factor of 32 by a decimator
52C to yield a baseband audio signal that is provided, through
an infinite impulse response (IIR) filter 53B to leaky LMS
54A. Response S(z) is produced by another parallel set of
filter stages 55A and 55B, one of which, filter stage 55B has
fixed response SE ;1(2), and the other of which, filter stage
55A has an adaptive response SE , ,, , »7(Z) controlled by leaky
LMS coefficient controller MB. The outputs of filter stages
55A and 55B are combined by a combiner 46E. Similar to the
implementation of filter response W(z) described above,
response SE;+-(7) is generally a predetermined response
known to provide a suitable starting point under various oper-
ating conditions for electrical/acoustical path S(z). Filter 51 is
a copy of adaptive filter 55A/55B, but is not itself an adaptive
filter, i.e., filter 51 does not separately adapt in response to its
own output, and filter 51 can be implemented using a single
stage or a dual stage. A separate control value is provided in
the system of FIG. 4 to control the response of filter 51, which
is shown as a single adaptive filter stage. However, filter 51
could alternatively be implemented using two parallel stages
and the same control value used to control adaptive filter stage
55A could then be used to control the adjustable filter portion
in the implementation of filter 51.

As in ANC circuit 30 of FIG. 3, the input to filter stages 55A
and 55B is provided from source audio (ds+ia), which is
provided to the input of a combiner 46D that adds a portion of
near-end microphone signal ns, i.e., the sidetone information,
that has been generated by sigma-delta ADC 41B and filtered
by a sidetone attenuator 56 to prevent feedback conditions.
The output of combiner 46D is shaped by a sigma-delta
shaper 43B that provides inputs to filter stages 55A and 55B
that has been shaped to shift images outside of bands where
filter stages 55A and 55B will have significant response. The
inputs to leaky LMS control block 54B are also at baseband,
provided by decimating a combination of the source audio
(ds+ia) from the output of a combiner 46H, by a decimator
52B that decimates by a factor of 32, and another input is
provided by decimating error signal e provided by the output
of'acombiner 46C that has removed the signal generated from
the combined outputs of adaptive filter stage 55A and filter
stage 55B that are combined by another combiner 46E from
error microphone signal err. As mentioned above, only the
source audio (ds+ia), which is combined by combiner 46H, is
provided to the input of decimator 52B so that sidetone is not
injected into leaky LMS control block 54B, while the
sidetone information is present in the signal provided to
sigma-delta shaper 43B so that the sidetone is removed from
the error signal generated by combiner 46C and used in the
generation of the anti-noise signal. The output of combiner
46C represents error microphone signal err with the compo-
nents due to source audio (ds+ia) and sidetone removed,
which is provided to LMS control block 54B after decimation
by decimator 52C. The other input to LMS control block 54B
is the baseband signal produced by decimator 52B. The above
arrangement of baseband and oversampled signaling pro-
vides for simplified control and reduced power consumed in
the adaptive control blocks, such as leaky LMS controllers
54A and 54B, while providing the tap flexibility afforded by
implementing adaptive filter stages 44A-44B, 55A-55B and
filter 51 at the oversampled rates.

The output of combiner 46D is also combined with the
output of adaptive filter stages 44A-44B that have been pro-
cessed by a control chain that includes a corresponding hard
mute block 45A, 45B for each of the filter stages, a combiner
46 A that combines the outputs ofhard mute blocks 45A, 458,
a soft mute 47 and then a soft limiter 48 to produce the
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anti-noise signal that is subtracted by a combiner 46B with the
source audio output of combiner 46D. The output of com-
biner 468 is interpolated up by a factor of two by an interpo-
lator 49 and then reproduced by a sigma-delta DAC 50 oper-
ated at the 64x oversampling rate. The output of DAC 50 is
provided to amplifier A1, which generates the signal deliv-
ered to speaker SPKR.

Each or some of the elements in the system of FIG. 4, as
well as in the exemplary circuits of FIG. 2 and FIG. 3, can be
implemented directly in logic, or by a processor such as a
digital signal processing (DSP) core executing program
instructions that perform operations such as the adaptive fil-
tering and LMS coefficient computations. While the DAC and
ADC stages are generally implemented with dedicated
mixed-signal circuits, the architecture of the ANC system of
the present invention will generally lend itself to a hybrid
approach in which logic may be, for example, used in the
highly oversampled sections of the design, while program
code or microcode-driven processing elements are chosen for
the more complex, but lower rate operations such as comput-
ing the taps for the adaptive filters and/or responding to
detected changes in ear pressure as described herein.

While the invention has been particularly shown and
described with reference to the preferred embodiments
thereof, it will be understood by those skilled in the art that the
foregoing and other changes in form, and details may be made
therein without departing from the spirit and scope of the
invention.

What is claimed is:

1. A wireless telephone, comprising:

a housing;

a transducer mounted on the housing for reproducing an
audio signal including combined downlink audio and
sidetone for playback to a listener and an anti-noise
signal for countering the effects of ambient audio sounds
in an acoustic output of the transducer;

a reference microphone mounted on the housing for pro-
viding a reference microphone signal indicative of the
ambient audio sounds;

an error microphone mounted on the housing in proximity
to the transducer for providing an error microphone
signal indicative of the acoustic output of the transducer
and the ambient audio sounds at the transducer;

a near-speech microphone mounted on the housing for
providing a near-speech microphone signal indicative of
speech of the listener and the ambient audio sounds; and

a processing circuit that generates the anti-noise signal
from the reference microphone signal to reduce the pres-
ence of the ambient audio sounds heard by the listener in
conformity with an error signal and the reference micro-
phone signal, wherein the processing circuit generates
sidetone from a portion of the near-speech microphone
signal, wherein the processing circuit combines the
downlink audio with the sidetone, wherein the process-
ing circuit implements a secondary path adaptive filter
having a secondary path response that shapes the com-
bined downlink audio and sidetone and a combiner that
removes an output of the secondary path adaptive filter
from the error microphone signal to provide the error
signal, wherein the secondary path adaptive filter is con-
trolled by a secondary path coefficient controller that
compares the error signal with the downlink audio and
adapts to minimize components of the downlink audio
present in the error signal but does not minimize com-
ponents of the sidetone, so that the anti-noise signal is
not affected by the ambient audio sounds present in the
near-speech microphone signal.
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2. The wireless telephone of claim 1, wherein the process-
ing circuit further implements a primary adaptive filter that
generates the anti-noise signal from the reference micro-
phone signal.

3. The wireless telephone of claim 2, wherein the process-
ing circuit further implements a copy of the secondary path
adaptive filter that filters the reference microphone signal to
provide a correlation input to the primary adaptive filter that
is correlated with the error signal to control the adapting of the
adaptive filter, wherein the processing circuit adapts the pri-
mary adaptive filter to minimize components of the error
signal that are correlated with an output of the copy of the
secondary path adaptive filter.

4. The wireless telephone of claim 1, wherein the process-
ing circuit comprises:

a coefficient control block that controls coefficients of the

secondary path adaptive filter;

a first combiner that combines the sidetone with the down-

link audio; and
a second combiner that combines an output of the first
combiner with the anti-noise signal to generate the audio
signal reproduced by the transducer, wherein a signal
input of the secondary path adaptive filter receives the
output of the first combiner.
5. The wireless telephone of claim 4, further comprising a
third combiner for combining the downlink audio signal with
internal source audio of the wireless telephone and wherein
an output of the third combiner is provided to an input of the
first combiner and to a correlation input of the coefficient
control block.
6. The wireless telephone of claim 4, further comprising a
sigma-delta noise-shaper having an input coupled to the out-
put of the first combiner and an output coupled to the signal
input of the secondary path adaptive filter.
7. The wireless telephone of claim 4, wherein the coeffi-
cient control block is a least-means-square control block.
8. A method of canceling ambient audio sounds in the
proximity of a transducer of a personal audio device, the
method comprising:
first measuring ambient audio sounds with a reference
microphone to produce a reference microphone signal;

second measuring an output of the transducer and the
ambient audio sounds at the transducer with an error
microphone;

third measuring near-end speech and the ambient audio

sounds with a near-speech microphone to produce a
near-speech microphone signal;

adaptively generating an anti-noise signal from a result of

the first measuring, the second measuring and the third
measuring, for countering the effects of ambient audio
sounds at an acoustic output of the transducer;

first combining the anti-noise signal with a source audio

signal and a portion of the near-speech microphone sig-
nal to generate an audio signal provided to the trans-
ducer;

shaping a result of the first combining with a secondary

path response;
removing the result of the shaping the result of the first
combining with the error microphone signal to produce
an error signal indicative of the combined anti-noise and
ambient audio sounds delivered to the listener;

controlling the secondary path response by comparing the
error signal with the downlink audio to generate coeffi-
cients of the secondary path response; and

adapting the secondary response to minimize components

of the source audio present in the error signal, but so as
not to minimize components of the near-speech micro-
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phone signal, so that the anti-noise signal is not affected
by the ambient audio sounds present in the near-speech
microphone signal.

9. The method of claim 8, wherein the adapting adapts a
response of a primary adaptive filter that generates the anti-
noise signal from the reference microphone signal.

10. The method of claim 9, wherein the adapting further
comprising filtering the reference microphone signal with a
copy of the secondary path adaptive filter to provide a corre-
lation input to the primary adaptive filter, and correlating the
correlation input with the error signal, wherein the adapting
adapts the primary adaptive filter to minimize components of
the error signal that are correlated with an output of the copy
of the secondary path adaptive filter.

11. The method of claim 8, wherein the shaping comprises
controlling coefficients of the secondary path adaptive filter
using a coefficient control block, and further comprising sec-
ond combining the sidetone with the downlink audio, wherein
the first combining combines a result of the first combining
with the anti-noise signal to generate the audio signal repro-
duced by the transducer, wherein a signal input of the sec-
ondary path adaptive filter receives the result of the second
combining.

12. The method of claim 11, further comprising third com-
bining the downlink audio signal with internal source audio of
the wireless telephone, wherein a result of the third combin-
ing is provided as an input to the second combining, and
wherein the coefficient control block also receives the result
of the third combining as a correlation input.

13. The method of claim 11, further comprising noise-
shaping the result of the second combining with a sigma-delta
noise-shaper and providing a result of the noise-shaping as a
signal input to the shaping.

14. The method of claim 11, wherein the coefficient control
block is a least-means-square control block.

15. An integrated circuit for implementing at least a portion
of a personal audio device, comprising:

an output for providing a signal to a transducer including
both source audio for playback to a listener and an anti-
noise signal for countering the eftects of ambient audio
sounds in an acoustic output of the transducer;

a reference microphone input for receiving a reference
microphone signal indicative of the ambient audio
sounds;

an error microphone input for receiving an error micro-
phone signal indicative of the acoustic output of the
transducer and the ambient audio sounds at the trans-
ducer;

a near-speech microphone input for providing a near-
speech microphone signal indicative of speech of the
listener and the ambient audio sounds; and

a processing circuit that generates the anti-noise signal
from the reference microphone signal to reduce the pres-
ence of the ambient audio sounds heard by the listener in
conformity with an error signal and the reference micro-
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phone signal, wherein the processing circuit generates
sidetone from a portion of the near-speech microphone
signal, wherein the processing circuit combines the
downlink audio with the sidetone, wherein the process-
ing circuit implements a secondary path adaptive filter
having a secondary path response that shapes the com-
bined downlink audio and sidetone and a combiner that
removes an output of the secondary path adaptive filter
from the error microphone signal to provide the error
signal, wherein the secondary path adaptive filter is con-
trolled by a secondary path coefficient controller that
compares the error signal with the downlink audio and
adapts to minimize components of the downlink audio
present in the error signal but does not minimize com-
ponents of the sidetone, so that the anti-noise signal is
not affected by the ambient audio sounds present in the
near-speech microphone signal.

16. The integrated circuit of claim 15, wherein the process-
ing circuit further implements a primary adaptive filter that
generates the anti-noise signal from the reference micro-
phone signal.

17. The integrated circuit of claim 16, wherein the process-
ing circuit further implements a copy of the secondary path
adaptive filter that filters the reference microphone signal to
provide a correlation input to the primary adaptive filter that
is correlated with the error signal to control the adapting of the
adaptive filter, wherein the processing circuit adapts the pri-
mary adaptive filter to minimize components of the error
signal that are correlated with an output of the copy of the
secondary path adaptive filter.

18. The integrated circuit of claim 15, wherein the process-
ing circuit comprises:

a coefficient control block that controls coefficients of the

secondary path adaptive filter;

a first combiner that combines the sidetone with the down-

link audio; and

a second combiner that combines an output of the first

combiner with the anti-noise signal to generate the audio
signal reproduced by the transducer, wherein a signal
input of the secondary path adaptive filter receives the
output of the first combiner.

19. The integrated circuit of claim 18, further comprising a
third combiner for combining the downlink audio signal with
internal source audio of the wireless telephone and wherein
an output of the third combiner is provided to an input of the
first combiner and to a correlation input of the coefficient
control block.

20. The integrated circuit of claim 18, further comprising a
sigma-delta noise-shaper having an input coupled to the out-
put of the first combiner and an output coupled to the signal
input of the secondary path adaptive filter.

21. The integrated circuit of claim 18, wherein the coeffi-
cient control block is a least-means-square control block.
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